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PSEUDO-CEPSTRAL ADAPTIVE SHORT-TERM 
POST-FILTERS FOR SPEECH CODERS 

[0001] This nonprovisional application claims the bene?t 
of the US. provisional application No. 60/197,877 entitled 
“An Adaptive Short-Term Post?lter Based On Pseudo-Cep 
stral Representation Of Line Spectral Frequencies” ?led on 
Apr. 17, 2000 (Attorney Docket No. 2000-0141, 106146). 
The Applicants of the provisional application are Hong-Goo 
KANG and Hong-Kook KIM. The above provisional appli 
cation is hereby incorporated by reference including all 
references cited therein. 

BACKGROUND OF THE INVENTION 

[0002] 1. Field of Invention 

[0003] The invention relates to methods and systems that 
compensate for noise in digitized speech. 

[0004] 2. Description of Related Art 

[0005] As telecommunications plays an increasingly 
important role in modern life, the need to provide clear and 
intelligible voice channels increases commensurately. HoW 
ever, providing clear, noise-free and intelligible voice chan 
nels has traditionally required high-bit-rate communication 
links, Which can be expensive. While loWering the bit-rate of 
a voice channel can reduce costs, loW-bit-rates tend to 
introduce side-effects, such as quantization noise, Which can 
reduce the clarity and/or intelligibility of voice signals. 
Unfortunately, removing noise in a voice signal generated by 
loW-bit-rate channels can require excessive processing 
poWer and distort the voice signal. Accordingly, there is a 
need for neW technology to provide better voice channels 
that reduce processing poWer requirements While minimiZ 
ing distortion. 

SUMMARY OF THE INVENTION 

[0006] The invention provides the short-term post-?ltering 
methods and systems for digital voice communications. 
Generally, post-?ltering improves the perceptual quality of 
the synthesiZed signal and is Widely used in current loW 
bit-rate speech coders. The common post-?lter consists of 
three ?lters: a long-term post-?lter, a short-term post-?lter 
and a tilt compensation ?lter. The long-term post ?lter 
generally relates to improving perceptual quality of speech 
by emphasiZing pitch periodicity. The short-term post ?lter, 
adaptively constructed from LPC coef?cients, removes per 
ceptible noise from synthesiZed or reconstructed speech by 
de-emphasiZing speech frequency components related to 
spectral valleys, or local minima. The tilt compensation ?lter 
is required to compensate for spectral tilt caused by the 
short-term post-?lter. 

[0007] In various exemplary embodiments, a set of linear 
predictive coding (LPC) coef?cients is used to derive a 
second set of LPC coef?cients having a reduced order, Which 
can subsequently be used to derive a loW-order short-term 
post-?lter based on the pseudo-cepstrum. The loW-order 
short-term post-?lter can then adaptively remove perceptible 
noise from synthesiZed or reconstructed speech by empha 
siZing speech frequency components related to the formants 
of the LPC coef?cients and de-emphasiZing speech fre 
quency components related to the spectral valleys of the 
LPC coefficients. The short-term post-?lter can also com 
pensate for spectral distortion such as spectral tilt and 
minimiZe phase distortion. 
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[0008] Other features and advantages of the present inven 
tion Will be described beloW or Will become apparent from 
the accompanying draWings and from the detailed descrip 
tion Which folloWs. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0009] The invention is described in detail With regard to 
the folloWing ?gures, Wherein like numbers reference like 
elements, and Wherein: 

[0010] FIG. 1 is a representation of an exemplary human 
voice signal; 

[0011] FIG. 2 is a representation of an exemplary loga 
rithmic magnitude spectrum based on the human voice 
signal of FIG. 1; 

[0012] FIG. 3 is a is a representation of an exemplary LPC 
inverse transfer function based on the voice signal of FIG. 
1; 
[0013] FIG. 4 is a representation of an exemplary residue 
signal based on the voice signal of FIG. 1; 

[0014] FIG. 5 is a representation of an exemplary loga 
rithmic magnitude spectrum of the residual signal of FIG. 4; 

[0015] FIG. 6 is a block diagram of an exemplary com 
munication system; 

[0016] FIG. 7 is a block diagram of an exemplary embodi 
ment of the post-?lter of FIG. 6; 

[0017] FIG. 8 is a block diagram of an exemplary embodi 
ment of the short-term ?lter of FIG. 7; and 

[0018] FIG. 9 is a ?oWchart outlining an exemplary 
operation of a process for ?ltering voice information. 

DETAILED DESCRIPTION OF PREFERRED 
EMBODIMENTS 

[0019] There is obviously an economic advantage in mak 
ing telecommunication channels operate as inexpensively as 
possible. For digital communication channels such as 
modem long-distance phone lines and cellular phone links, 
there is a direct correlation to the cost of a voice commu 
nication channel and the number of bits per second the 
communication channel requires. 

[0020] Traditionally, high-quality digital voice channels 
required high-bit-rates. HoWever, by ef?ciently compressing 
a voice signal before transmission, bit-rates can be loWered 
Without noticeable degradation of the clarity and/or intelli 
gibility of the received voice signals. One ef?cient compres 
sion technique is the linear predictive coding (LPC) tech 
nique, Which compresses human voices based on a model 
analogous to the human vocal system. That is, for a given 
time segment, or frame, of sampled speech, an LPC coding 
device Will break the sampled speech into an excitation, or 
residue, portion that models the human larnyZ, and a corre 
sponding LPC transfer function that models the human vocal 
tract. Fortunately, the quality of speech reconstruction can 
be dramatically improved While simultaneously reducing the 
processing complexity by modeling the vocal excitation 
signals With structured vector codebooks. This approach is 
typically referred to as the excited linear prediction (CELP) 
method, and it is the most common method of the current 
standard speech coders. 
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[0021] The general form of the LPC transfer function is 
shown in Eqs. (1) and (2): 

aM.MZTM (2) 

[0022] Where aMi is the i-th LPC predictor coefficient, M 
is the order of the LPC transfer function, and (aM_1, aM_2, 
aM_3, . . . aM_M) are the LPC coef?cients of the transfer 

function. 

[0023] FIG. 1 shoWs an exemplary speech signal s(n) 10. 
As shoWn in FIG. 1, an exemplary speech signal 10 is 
plotted against an amplitude axis 12 and along a time axis 
14. FIG. 2 shoWs an exemplary logarithmic magnitude 
spectrum 20><log1O|S(Z)| of the speech signal s(n) of FIG. 1. 
The exemplary spectrum curve 20 is plotted against an 
amplitude axis 22 and along a frequency axis 24. 

[0024] FIG. 3 shoWs a graphic representation of an exem 
plary LPC inverse transfer function A_1(Z) 30 derived from 
the speech signal 10 of FIG. 1. As shoWn in FIG. 3, the 
inverse transfer function 30 is plotted against an amplitude 
axis 32 and along a frequency axis 34 and has three local 
maxima, or formants, 40, 42 and 44 and tWo local minima, 
or spectral valleys, 50 and 52. The particular shape of the 
inverse transfer function 30 is related to the roots of transfer 
function A(Z). That is, the formants are located coincident 
With the roots of A(Z). The relationships betWeen LPC 
transfer functions, their graphic representations and subse 
quent effects are Well knoWn and are described in Chen, J ., 
“Adaptive Post?ltering for Quality Enhancement of Coded 
Speech”, IEEE Transactions on Speech and Audio Process 
ing, Vol. 3, No. 1 (January 1995) incorporated herein by 
reference in its entirety. 

[0025] FIG. 4 shoWs a representation of an LPC residue 
r(n) 60 of the speech signal s(n) of FIG. 1 plotted against an 
amplitude axis 62 and along a time axis 64. As discussed 
above, the residue 60 models the human larynx and com 
pliments the LPC transfer function A(Z) such that, When the 
signal residue 60 is passed through a ?lter having the inverse 
transfer function A_1(Z) 30, a signal s‘(n) Will be synthe 
siZed, Which Will approximate the original speech signal 
s(n). FIG. 5 shoWs an exemplary logarithmic magnitude 
spectrum 20><log1O|R(Z)| of the residual signal r(n) 70 of 
FIG. 4. 

[0026] The exemplary residual spectrum curve 70 is plot 
ted against an amplitude axis 72 and along a frequency axis 
74. As discussed above, the bit-rates of communication 
channels can be loWered With little noise and/or distortion by 
applying an LPC compression technique to a speech signal, 
passing the LPC coef?cients and residue to a receiver, and 
reconstructing/synthesiZing the speech signal at a receiver. 
HoWever, there is a practical limit to LPC compression; and 
as bit-rates for LPC channels further drop, quantiZation 
noise and other distortions become increasingly noticeable 
until the received voice signal becomes unacceptable. 

[0027] To remove the resulting deleterious noise, a post 
?ltering step can be added to the synthesiZed speech process. 
Because of the nature of human perception, it can be 
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desirable that such a post-?ltering step selectively enhance 
the frequency regions near the formants and selectively 
attenuate the frequency regions near the spectral valley 
regions of a given LPC inverse transfer function A_1(Z). 
Furthermore, because the formants and spectral valleys can 
vary over time, it becomes advantageous to adaptively vary 
the post-?ltering step to accommodate the varying formants 
and spectral valleys of A_1(Z). 

[0028] Unfortunately, conventional domains relating to 
linear predictive coding (LPC) coef?cients, log area ratio 
(LAR) coef?cients, line spectrum frequency (LSF) coef? 
cients as Well as any other knoWn coef?cients are not 

Well-suited to creating post-?lters. HoWever, by mapping 
LPC parameters into the pseudo-cepstrum, a domain con 
ceptually located betWeen the LPC and LSF domains, a set 
of pseudo-cepstral coef?cients is produced that can more 
ef?ciently and effectively form adaptive post-?lters capable 
of removing perceptible noise With minimal distortion. One 
advantage of using the pseudo-cepstrum is that loW-order 
?lters can be easily produced that can perform as Well as 
?lters requiring tWice as many coef?cients. Still another 
advantage to using the pseudo-cepstrum is that spectral 
correction techniques such tilt-?lters generally present in 
other post-?lters can be eliminated. 

[0029] FIG. 6 shoWs an exemplary block diagram of a 
communication system 100. The system 100 includes a 
transmitter 110, a communication channel 130 and a 
receiver 140. The transmitter 110 has a data source 120 and 
a linear predictive coding (LPC) analyZer 124, and the 
receiver 140 has a LPC synthesiZer 150, a post-?lter 160 and 
a data sink 170. The receiver 110 provides voice information 
r(n) to the communication channel 130 that, in turn, provides 
the channeled voice information r(n) to the receiver 140. 

[0030] In operation, the data source 120 provides voice 
signals s(n) to the LPC analyZer 124 via link 122. In various 
exemplary embodiments, the data source 120 can be any one 
of a number of different types of sources such as a person 
speaking into a microphone, a computer generating synthe 
siZed speech, a storage device such as magnetic tape, a disk 
drive, an optical medium such as a compact disk, or any 
knoWn or later developed combination of softWare and 
hardWare of capable of generating, relaying or recalling 
from storage any information capable of being transmitted to 
the LPC analyZer. It should be further appreciated that the 
speech signals can be any form of speech, such as speech 
produced by a human, mechanical speech or information 
representing speech produced by a speech synthesiZer or any 
other form of signal or information that can represent 
speech. HoWever, for the purpose of discussion beloW, the 
data source 120 Will be assumed to be a person speaking into 
the receiver of a cellular telephone. 

[0031] As the LPC analyZer 124 receives speech signals 
from the data source 120 via link 122, it divides the speech 
signals into individual time frames. For example, the LPC 
analyZer 124 can receive a continuous speech signal and 
divide the continuous speech into contiguous frames of 20 
ms each. The LPC analyZer 124 can then perform an LPC 
analysis on each speech frame to generate LPC coef?cients 
and residue information pertaining to each frame that can be 
exported to the communication channel 130 via link 126. 
The exemplary LPC analyZer 124 is a dedicated signal 
processor With an analog-to-digital converter and other 
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peripheral hardware. However, the LPC analyzer 124 can 
alternatively be a digital signal processor or micro-controller 
With various peripheral hardWare, a custom application 
speci?c integrated circuit (ASIC), discrete electronic circuits 
or any other knoWn or later developed device capable of 
receiving voice signals from the data source 120 and pro 
viding LPC coefficients and residue information to the 
communication channel 130. 

[0032] Unfortunately, the LPC coef?cients (aMl, aM_2, 
aM_3, . . . aM_M) cannot be quantiZed directly due to stability 
problems. Instead, the LPC coef?cients ?rst must be con 
verted to another form of information. For eXample, a set of 
LPC coef?cients can be converted to a set of re?ection 

coef?cients, log area ratio (LAR) coefficients, line spectrum 
frequency coef?cients or coef?cients of some other 
domain, and converted into the LPC coef?cients in the 
decoder. The communication channel 130 receives the quan 
tiZed LPC coef?cients (aMl, aM_2, aM_3, . . . aM_M) and 
residue information r(n) via link 126 and provides the 
channeled LPC coef?cients (am, am, am, . . . aMM) and 
channeled residue information r(n) to the receiver 140 via 
link 136. 

[0033] Generally, it should be appreciated that the residue 
information r(n) and the channeled residue information r(n) 
should ideally be identical. HoWever, When a channel error 
occurs, the residue information r(n) and the channeled 
residue information r(n) can vary in the absence of error 
correction. HoWever, it should be assumed for the purpose 
of the folloWing embodiments that the residue information 
r(n) and the channeled residue information are identical. 

[0034] The exemplary communication channel 130 is a 
Wireless link over a cellular telephone netWork. HoWever, 
the communication channel 130 can alternatively be a 
hardWired link such as a telephony T1 or E1 line, an optical 
link, other Wireless/radio links, a sonic link, or any other 
knoWn or later developed communications device or system 
capable of receiving LPC coef?cients and residue informa 
tion from the transmitter 110 and providing this data to the 
receiver 140. 

[0035] The LPC synthesiZer 150 receives LPC coefficients 
and residue information for various speech frames from the 
communication channel 130 via link 136. As speech frames 
are received, the LPC synthesiZer 150 constructs a ?lter/ 
process A_1(Z) using the LPC coefficients for each frame. 
The LPC synthesiZer 150 then processes the respective 
residue using the ?lter to synthesiZe a speech signal s‘(n), 
Which is an approximation of the original speech s(n), and 
provides each frame of synthesiZed speech to the post-?lter 
160 via link 152. 

[0036] The eXemplary LPC synthesiZer 150 is a dedicated 
signal processor With peripheral hardWare. HoWever, the 
LPC synthesiZer 150 can be any device capable of receiving 
LPC coef?cients and residue information from a communi 
cation channel and providing synthesiZed speech to a post 
?lter, such as a digital signal processor or micro-controller 
With various peripheral hardWare, a custom application 
speci?c integrated circuit (ASIC), discrete electronic circuits 
and the like. 

[0037] The post-?lter 160 can receive synthesiZed speech 
frames from the LPC synthesiZer 150 via link 152 and can 
further receive LPC coef?cients either from the LPC syn 
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thesiZer 150, directly from the communication channel 130 
or from any other conduit capable of providing LPC coef 
?cients. The post-?lter 160 then constructs or modi?es 
various internal ?lters, processes and coef?cients Within the 
post-?lter 160, ?lters the synthesiZed speech frames and 
provides the ?ltered speech frames s“(n) to the data sink 170. 

[0038] The eXemplary post-?lter 160 is a dedicated signal 
processor With peripheral hardWare including a digital-to 
analog converter. HoWever, the post-?lter 160 can be any 
device capable of receiving LPC coef?cients and synthe 
siZed speech, constructing or modifying various ?lters, 
process and coef?cients, ?ltering the synthesiZed speech 
using the various ?lters, processes and coefficients and 
providing ?ltered speech to the data sink 170, such as a 
digital signal processor or micro-controller With various 
peripheral hardWare, a custom application speci?c inte 
grated circuit (ASIC), discrete electronic circuits and the 
like. 

[0039] The data sink 170 receives data from the post-?lter 
160 via link 162. The eXemplary data sink 170 is an 
electronic circuit having an analog-to-digital converter, an 
ampli?er and microphone capable of transforming elec 
tronic signals into mechanical/acoustical signals. HoWever, 
the data sink 170 alternatively can be any combination of 
hardWare and softWare capable of receiving speech data, 
such as a transponder, a computer With a storage system or 
any other knoWn or later developed device or system 
capable of receiving, relaying, storing, sensing or perceiving 
signals provided by the post-?lter 160. 

[0040] FIG. 7 is a block diagram of an eXemplary post 
?lter 140 that can receive synthesiZed speech data, LPC 
coef?cients and residue information via link 152 and provide 
?ltered speech data to link 162. As shoWn in FIG. 7, the 
eXemplary post-?lter has a long-term ?lter HL(Z) 410, a 
short-term ?lter HS(Z) 420, an automatic gain control (AGC) 
430 and a gain estimator 440. The long-term ?lter 410 
receives frames of synthesiZed speech, performs a ?rst 
?ltering operation on the frames of synthesiZed speech, then 
passes the ?ltered speech to short-term ?lter 420, Which can 
perform a second ?ltering operation. The short-term ?lter 
420 can then pass its ?ltered speech data to the AGC 430, 
Which scales the ?ltered speech to correct for gain mismatch 
caused by the ?lters 410 and 420. After the AGC 430 
compensates for gain error, the AGC can provide the scaled 
speech data to link 162. 

[0041] In operation, the long-term ?lter 410 receives 
frames of synthesiZed speech and respective residue infor 
mation and subsequently ?lters the speech frames using the 
residual information. Generally, the residue information can 
be used to compute the pitch delay and gain of the long-term 
?lter 410 such that the long-term ?lter 410 can improve the 
perceptual quality of the synthesiZed speech by emphasiZing 
pitch periodicity, especially for voiced frames. The pro 
cesses and functions of long-term ?lters are Well knoWn in 
the art and are described in Chen, J ., “Adaptive Post?ltering 
for Quality Enhancement of Coded Speech”, IEEE Trans 
actions on Speech and Audio Processing, Vol. 3, No. 1, pp. 
63-66 (January 1995). After the long-term ?lter 410 per 
forms its ?ltering processes, it provides the ?ltered data to 
the short-term ?lter 420 via link 412. 

[0042] The exemplary long-term ?lter 410 is implemented 
using a digital signal processor operating dedicated ?rmWare 
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and having various peripheral devices to accommodate 
input/output functions. However, the long-term ?lter 410 
can alternatively be implemented using a digital signal 
processor, a micro-controller, an ASIC or other specialiZed 
electronic hardWare or any other knoWn or later developed 
device that can receive frames of speech data, perform 
long-term ?ltering operations such as emphasiZing pitch 
periodicity, and provide the ?ltered data to the short-term 
?lter 420. 

[0043] The short-term ?lter 420 receives frames of ?ltered 
synthesiZed speech data from the long-term ?lter 410 and 
further receives the LPC coefficients either from the long 
term ?lter 410, directly from the communication channel 
120 via link 152, or from some other link capable of 
providing LPC coef?cients. 

[0044] In operation, the short-term ?lter 420 can perform 
a ?ltering operation based on the LPC coef?cients to 
improve the perceptual quality of the synthesiZed speech. 
Referring to the LPC inverse transfer function 30 of FIG. 3, 
it should be appreciated that the human ear is particularly 
sensitive to noise in the spectral valley regions 50 and 52, 
but relatively insensitive to noise at the formants 40, 42 and 
44. Accordingly, for any transfer function having formants 
and spectral valleys, it can be desirable to emphasiZe fre 
quencies at or near the formants While de-emphasiZing 
frequencies at or near the spectral valleys. 

[0045] As discussed above, synthesiZing short-term ?lters 
using conventional techniques can cause spectral distortions 
that can require a spectral correction ?lter such as a tilt ?lter. 
HoWever, by mapping LPC coefficients to the pseudo 
cepstrum, a domain betWeen the LPC and the LSF domains, 
stable short-term post-?lters can be easily synthesiZed that 
do not require an additional tilt ?lter. 

[0046] Conversion from the LPC domain to the pseudo 
cepstrum can start by de?ning tWo polynomials, the sym 
metric polynomial of Eq. (3) and the anti-symmetric poly 
nomial of Eq. (4): 

M+l (3) 

PM) = Amz) MW“) Ami‘) = 2 mm 

M+l (4) 

[0047] Where AM(Z)=1+21M_1Z_1+3.M_2Z_2+3.M_3Z_3 . . . 

aM-MTM from Eq. (2) above, ai is the i-th LPC coefficient and 
the coefficients pO=qO=1. Transforming to pseudo-cepstrum 
is then de?ned by Eq. (5): 

[0048] Given the relationship betWeen LPC coef?cients, 
aMi, and LPC cepstral coef?cients, cM_i, is de?ned by: 
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[0049] the cepstral difference CD(Z) betWeen cepstral 
coef?cients, cMn, and the pseudo-cepstral coef?cients, c‘Mn, 
can be Written as: 

[0050] Where RM(Z)=(Z_(M+1)AM(Z_1))/AM(Z). Details of 
the pseudo-cepstrum and transfomation from the LPC 
domain can be found in at least Kim, H., Choi, S. and Lee, 
H., “On Approximating Line Spectral Frequencies to LPC 
Cepstral Coef?cients”, IEEE Transactions on Speech and 
Audio Processing, Vol. 8, No. 2, pp. 195-199, (March 2000) 
herein incorporated by reference in its entirety. 

[0051] From Eqs. (7)-(9), 1—R2M(Z) can be reWritten as 
Eq. (10): 

1_R2M(Z)=(PM(Z)QM(Z)/A2M(Z) (10) 
[0052] Where R2M(Z)=1 When Z=:1 and eXp(ju)M_i) for i=1, 
2, . . . M, Where 00Mi is the i-th LSF coef?cient of order M. 

If the roots of PM(Z), QM(Z) and A2M(Z) are inside the unit 
circle, a generaliZed short-term post-?lter can be realiZed 
having the form: 

[0053] Where (x1, (x2, and [3 are control parameters and 
0<(X1, 0<ot2, and [3<1, or 

[0055] A ?rst bene?t of short-term post-?lters based on 
Eq. (12) is that they automatically compensate for spectral 
tilt and do not require tilt-?lters. Another bene?t of short 
term post-?lters based on Eq. (12) is that they Will produce 
negligible phase distortion of speech signals if the values of 
the control parameters (x1, (x2, and [3 are selected such that 
(x1+ot2=2[3. 
[0056] The values of control parameters (x1, (x2, and [3 can 
be determined experimentally or can be set according to the 
communication environment. Generally, the values of the 
control parameters Will vary With the bit-rate of a commu 
nication system, the type of speech coder used, or a function 
of other factors such as effects of various noise sources. For 
eXample, for a high-bit-rate communication system With loW 
quantiZation noise, a Weak post-?lter Will provide optimal 
performance, i.e., a loW value of [3 is preferable. HoWever, 
as the bit-rate drops or other noise sources increase, [3 Will 
increase commensurately. 

[0057] While short-term post-?lters can be synthesiZed 
according to Eq. (12), it can be advantageous to synthesiZe 
short-term post-?lters having reduced order. For eXample, 
for an LPC transfer function of order ten, a short-term 
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pseudo-cepstral ?lter of order ten can be synthesized or 
alternatively short-term pseudo-cepstral ?lters having orders 
less than ten can also be synthesized according to Eq. (13): 

[0058] Where 1 éméM, M is the order of the LPC transfer 
function and m is the desired order of the synthesiZed 
short-term ?lter and Where Pm(Z/ot1) and Qm(Z/(X2) can be 
de?ned by Eqs (14) and (15): 

Pm(z)=Am(z)+z’(m+1)Am(z’1); and (14) 
Qm(Z)=Am(Z)-Z’(m+1)Am(Z’1)- (15) 

[0059] The LPC coef?cients of order m can be recursively 
generated through a step-doWn process described by Eq. 
(16): 

a17i.i=(a1.i_k1a1.17i)/(1_k21) (16) 
[0060] Where l=M, M-1, . . . m+1; i=1, 2 . . . l—1; k1=a1_1 

and a1_1_O=1. Details of the step-doWn procedure can be 
found in at least Markel, J. and Gray, A., Linear Prediction 
of Speech pp. 95-97 (NeW York: Springer-Verlag 1976) 
herein incorporated by reference in its entirety. 

[0061] It should be appreciated that, as m decreases to 
loWer orders, spectral tilt of the LPC transfer function can 
increase. HoWever, because of the nature of the pseudo 
cepstrum, short-term ?lters generated according to Eqs. 
(13)-(16) Will not require tilt ?lters or other equivalent 
spectral correction. 

[0062] The exemplary short-term ?lter 420 is imple 
mented using a digital signal processor operating dedicated 
?rmWare and having various peripheral devices to accom 
modate input/output functions. HoWever, the short-term 
?lter 420 can alternatively be implemented using a digital 
signal processor, a micro-controller, an ASIC or other spe 
cialiZed electronic hardWare or any other knoWn or later 
developed device that can receive frames of speech data, 
?lter the speech data to emphasis and de-emphasis different 
spectral frequencies based on an LPC inverse transfer func 
tion and provide the ?ltered data to the AGC 430. 

[0063] The AGC 430 receives the ?ltered speech via link 
422 and scales the ?ltered speech to correct for gain errors 
caused by the ?lters 410 and 420. For eXample, given a 
frame of synthesiZed speech having an overall poWer level 
of ten decibels, if the ?ltered speech produced by the ?lters 
410 and 420 has a poWer level of siX decibels, the AGC 430 
Will increase the level of the ?ltered data by four decibels. 

[0064] In operation, the ACG 430 adjusts its gain level 
based on information provided by the gain estimator 440 via 
link 442 and provides the scaled speech to the link 162. In 
various eXemplary embodiments, the gain estimator 440 
determines the gain mismatch produced by the ?lters 410 
and 420 by measuring the poWer of each frame of synthe 
siZed speech at the link 152, measuring the poWer of each 
frame of ?ltered speech at the link 422 and taking the 
difference of the poWer levels. 

[0065] FIG. 8 is a block diagram of an eXemplary short 
term ?lter 420. The short-term ?lter 420 has a controller 510, 
a memory 520, ?lter generating circuits 530, scaling circuits 
540, ?ltering circuits 550, an input interface 580 and output 
interface 590. The various components 510-590 are linked 
together via control/data bus 502. The links 422 and 162 are 
connected to the input-interface 580 and output-interface 
590, respectively. 

Jul. 22, 2004 

[0066] As frames of synthesiZed speech and respective 
LPC coef?cients are presented to the input interface 580, the 
controller 510 can transfer the synthesiZed speech and 
respective LPC coefficients to the memory 520. The memory 
520 can store the synthesiZed speech and respective LPC 
coef?cients and other data generated by the short-term ?lter 
420 during speech processing. 

[0067] In various eXemplary embodiments, the ?lter gen 
erating circuits 530, under control of the controller 510, can 
receive the LPC coefficients and determine the pseudo 
cepstral coef?cients for a short-term ?lter based on Eq. (12) 
above to synthesiZe a short-term ?lter of the same order as 
that of the LPC transfer function described by the LPC 
coef?cients. 

[0068] In other various eXemplary embodiments, the ?lter 
generating circuits 530 can determine the pseudo-cepstral 
coef?cients for a short-term ?lter based on Eq. (13)-(16) 
above to synthesiZe a short-term ?lter having a loWer order 
than that of the LPC transfer function. For eXample, given an 
LPC transfer function of order ten, i.e., A1°(Z)=1+a1O_1Z_1+ 
a1O_2Z_2+211O_3Z_3 . . . a1O_10Z_10, Eq. (16) can be used to 
reduce the order to siX, i.e., A6(Z)=1+3.6_1Z_1+a6_2Z_2+a6_3Z_3 
. . . a6_6Z_6. Subsequently, P6(Z) and Q6(Z) can be determined 
using Eqs. (14) and (15), and H6S(Z) can then be calculated 
using Eq. (13). Once the desired short-term ?lter coefficients 
are synthesiZed, the ?lter generating circuits 530, under 
control of the controller 510, can transfer the ?lter coef? 
cients to the scaling circuits 540. 

[0069] The scaling circuits 540 can receive the short-term 
?lter coef?cients, determine the values of control parameters 
(x1, (x2, and [3 of either Eqs. (12) or (13), scale the short-term 
?lter coef?cients accordingly and provide the scaled ?lter 
coef?cients to the ?ltering circuits 550. As discussed above, 
control parameters (x1, (x2, and [3 can be determined experi 
mentally or can be set based on various aspects of a 
communication environment, such as the system bit-rate, the 
type of speech coder used, or based on other factors such as 
effects of various noise sources. While control parameters 
(x1, (x2, and [3 can be adjusted independently, as discussed 
above, short-term post-?lters synthesiZed using Eqs. (12) or 
(13) Will produce negligible phase distortion if the values of 
control parameters (x1, (x2, and [3 are selected such that 
(x1+ot2=2[3. Once the ?lter coef?cients of the short-term ?lter 
are scaled, the scaling circuits 540, under control of the 
controller 510, transfer the scaled short-term ?lter to the 
?ltering circuits 550. 

[0070] The ?ltering circuits 550, under control of the 
controller 510, can receive the frame of speech stored in the 
memory 520 and subsequently ?lter the speech data in each 
frame. As each frame of speech data is ?ltered, the ?ltering 
circuits 550, under control of the controller 510, can eXport 
the ?ltered speech to the link 162 through the output 
interface 590. 

[0071] FIG. 9 is a ?oWchart outlining an eXemplary 
method for adaptively forming short-term ?lters and ?ltering 
speech data using the short-term ?lters. The operation starts 
in step 710 Where the control parameters (x1, (x2, and [3 are 
determined. As discussed above, control parameters (x1, (x2, 
and [3 can be determined independently, but short-term 
post-?lters Will produce negligible phase distortion if the 
values of control parameters (x1, (x2, and [3 are selected such 
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that (x1+ot2=2[3. Next, in step 720, the LPC coefficients for 
a frame of speech are received. Control continues to step 
730. 

[0072] In step 730, a determination is made Whether to 
reduce the order of the LPC transfer function described by 
the LPC coef?cients received in step 720. If the order of the 
LPC transfer function is to be reduced, control continues to 
step 740; otherWise control jumps to step 750. In step 740, 
the order of the LPC transfer function is reduced using Eq. 
(16) above to generate a reduced set of LPC coefficients and 
control continues to step 750. 

[0073] In step 750, the pseudo-cepstral coefficients for a 
short-term ?lter are generated. In various exemplary 
embodiments, the pseudo-cepstral coef?cients are generated 
using the LPC coefficients received in step 720 and Eq. (12) 
above. In other various exemplary embodiments, the 
pseudo-cepstral coefficients are generated using the reduced 
set of LPC coef?cients generated in step 740 and Eq. (13) 
above. Once the pseudo-cepstral coef?cients are generated, 
control continues to step 760. 

[0074] In step 760, a frame of speech related to the LPC 
coef?cients of step 720 is received. Next, in step 770, a 
short-term ?ltering operation is performed on the received 
frame of speech using the ?lter coefficients generated in step 
750. Control continues to step 780. 

[0075] In step 780, a long-term ?ltering operation is 
performed to improve the perceptual quality of the synthe 
siZed speech by emphasiZing pitch periodicity. Next, in step 
790, a gain control operation is performed to adjust for gain 
mismatch produced by the ?ltering steps of 760 and 770. 
Then, in step 800, the ?ltered and scaled speech data 
produced in steps 720-780 is provided to a data sink such as 
a speaker, a storage device and the like. Control continues to 
step 810. 

[0076] In step 810, a determination is made as to Whether 
any more frames of speech data are to be ?ltered and scaled. 
If there are more speech frames to be ?ltered, control jumps 
back to step 720 Where the next frame of LPC coefficients 
is received. OtherWise, control continues to step 820 Where 
the process stops. 

[0077] In the exemplary embodiment shoWn in FIG. 6, the 
transmitter 110 and receiver 140 are implemented using 
programmed digital signal processors equipped With a 
peripheral devices. HoWever, the transmitter 110 and 
receiver 140 can also be implemented on a general or special 
purpose computer, a programmed microprocessor or micro 
controller and peripheral integrated circuit elements, an 
ASIC or other integrated circuit, a digital signal processor, 
a hardWire electronic or logic circuit such as discrete ele 
ment circuit, a programmable logic device such as PLD, 
PLA, FPGA or PAL, or the like. In general, any device 
capable of implementing a ?nite state machine that is in turn 
capable of implementing the communication system 100 of 
FIG. 6, any of the devices of FIGS. 7 and 8, or the ?oWchart 
of FIG. 9 can be used to implement the transmitter 110 
and/or receiver 140. 

[0078] It should be similarly understood that each of the 
components and circuits shoWn in FIGS. 6-8 can be imple 
mented as distinct optical devices. Alternatively, each of the 
optical components and circuits shoWn in FIGS. 6-8 can be 
implemented as physically indistinct or shared hardWare or 
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combined With other components and circuits otherWise not 
related to the devices of FIGS. 6-8 and the ?oWchart of FIG. 
9. The particular form each optical component and circuit 
shoWn in FIGS. 6-8 Will take is a design choice and Will be 
obvious and predictable to those skilled in the art. 

[0079] While this invention has been described in con 
junction With the speci?c embodiments thereof, it is evident 
that many alternatives, modi?cations, and variations Will be 
apparent to those skilled in the art. Accordingly, preferred 
embodiments of the invention as set forth herein are 
intended to be illustrative and not limiting. Thus, there are 
changes that may be made Without departing from the spirit 
and scope of the invention. 

What is claimed is: 
1. A method for processing speech, comprising: 

synthesiZing a ?rst ?lter having at least one or more 
pseudo-cepstral coef?cients based on a set of linear 
predictive coding coef?cients, a pseudo-cepstral coef 
?cient being a parameter relating to a pseudo-cepstrum 
domain existing betWeen the linear predictive coding 
domain and the line spectral frequency domain; and 

processing one or more frames of speech using the ?rst 
?lter. 

2. The method of claim 1, Wherein the ?rst ?lter empha 
siZes speech frequency components related to at least one 
formant based on the set of linear predictive coding coef? 
cients and de-emphasiZes speech frequency components 
related to at least one spectral valley based on the set of 
linear predictive coding coef?cients. 

3. The method of claim 2, Wherein the ?rst ?lter com 
pensates for spectral tilt. 

4. The method of claim 2, Wherein the one or more 
pseudo-cepstral coef?cients are derived based on the for 
mula: 

Wherein PM(Z)=AM(Z)+Z_(m+1)AM(Z_1), QM(Z)=AM(Z)— 
Z_(m+1)AM(Z_1) and (x1, (x2 and [3 are control param 
eters, and Wherein AM(Z) relates to a linear predictive 
coding transfer function and M is the order of the linear 
predictive coding transfer function. 

5. The method of claim 4, Wherein 0<(X1, 0<ot2 and [3<1.0. 
6. The method of claim 4, Wherein (x1+ot2=[3. 
7. The method of claim 2, Wherein the one or more 

pseudo-cepstral coef?cients are derived based on the for 
mula: 

Wherein PM(Z)=AM(Z)+Z_(M+1)AM(Z_1), QM(Z)= M(Z)— 
Z_(M+1)AM(Z_1) and (x1, (x2 and [3 are control param 
eters, and Wherein AM(Z) relates to a linear predictive 
coding transfer function and M is the order of the linear 
predictive coding transfer function. 

8. The method of claim 4, Wherein 0<(X1, 0<ot2 and [3<0.5 
9. The method of claim 5, Wherein (x1+ot2=2[3. 
10. The method of claim 2, Wherein the one or more 

pseudo-cepstral coef?cients are derived based on the for 
mula: 

and Wherein AM(Z) relates to a linear predictive coding 
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transfer function and M is the order of the linear 
predictive coding transfer function, and Wherein Am(Z) 
is a second linear predictive coding transfer function 
based on AM(Z), In is the order of Am(Z) and lérnéM. 

11. The method of claim 10, Wherein 0<(X1, 0<ot2 and 
[3<0.5. 

12. The method of claim 10, Wherein (x1+ot2=2[3. 
13. A ?lter that processes speech, comprising: 

tWo or more pseudo-cepstral coef?cients based on a set of 

linear predictive coding coef?cients, a pseudo-cepstral 
coef?cient being a parameter relating to a pseudo 
cepstrurn dornain eXisting betWeen the LPC domain 
and the line spectral frequency domain. 

14. The ?lter of claim 13, Wherein the ?lter ernphasiZes 
speech frequency components related to at least one forrnant 
based on the set of linear predictive coding coef?cients and 
de-ernphasiZes speech frequency components related to at 
least one spectral valley based on the set of linear predictive 
coding coefficients. 

15. The ?lter of claim 14, Wherein the ?lter compensates 
for spectral tilt. 

16. The ?lter of claim 14, Wherein the one or more 
pseudo-cepstral coef?cients are derived based on the for 
rnula: 
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Wherein PM(Z)=AM(Z)+Z_(M+1)AM(Z_1), QM(Z)= M(Z) 
Z_(M+1)AM(Z_1) and (x1, (x2 and [3 are control param 
eters, and Wherein AM(Z) relates to a linear predictive 
coding transfer function and M is the order of the linear 
predictive coding transfer function. 

17. The ?lter of claim 16, Wherein 0<(X1, 0<ot2 and [3<0.5. 
18. The ?lter of claim 16, Wherein (x1+ot2=2[3. 
19. The ?lter of claim 16, Wherein the one or more 

pseudo-cepstral coef?cients are derived based on the for 
rnula: 

Wherein (x1, (x2 and [3 are control parameters, Pm(Z)= 
Am(Z)+Z-<m+1>Am(Z-1>, Qm(Z>=Am(Z)-Z-<m+1>Am(Z-1), 
and Wherein AM(Z) relates to a linear predictive coding 
transfer function and M is the order of the linear 
predictive coding transfer function, and Wherein Am(Z) 
is a second linear predictive coding transfer function 
based on AM(Z), In is the order of Am(Z) and 1 érnéM. 

20. The ?lter of claim 19, Wherein 0<(X1, 0<ot2 and [3<0.5. 
21. The ?lter of claim 19, Wherein (x1+ot2=2[3. 

* * * * * 


